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1. ABSTRACT 



This design note describes a preposition for a Signal Quality (SQ) indicator for the 
OFDM base band processor. 



• Better description of the performed simulations and the results/figures. 

• Signal degradation values recalculated, with respect to the resolution bandwidth. 

• Additional simulation performed concerning the relation between the signal 
degradation and the erroneous packets. 

• Included a paragraph about the system related aspects. 



A Signal Quality (SQ) estimation of the received base band signal can be useful for 
adapting the rate of the link. This design note presents an algorithm for a SQ indicator 
and provides simulation results on it. 

Rate adaptation takes place inside the transmitter at MAC-level. Until now adapting 
the rate solely relied on the information acquired through the acknowledgement 
messages received after each well-transmitted packet, thus an acknowledgement 
message indicates a correctly received packet. Changing the rate of the link depends 
on the number of good or bad transmitted/received packages. When two packets in a 
row are received with errors the rate is switched one rate down, to the transmitter the 
absence of an acknowledgement message is seen as an error. In practice it appeared 
that switching the rate down happened to fast and this was found to be especially the 
case in high-density areas. Due to the higher probability of collision between the 
different stations, more often an acknowledgement message is missed. At the 
transmitter side this would imply a receive error. After two such receive errors the 
transmitter will, according to the algorithm switch down a rate. However errors 
occurred as a result of a collisions are not dedicated to worsening channel or receive 
situations. In this case the transmitter should not go down a rate. Increasing the rate is 
done when 5 packages are received in good order, this need not to be 5 consecutive 
packages. After receiving 5 packets well the transmitter tries to send once at a rate 
higher. A positive acknowledgement leads to sticking at this higher rate and the 
absence of an acknowledgement leads to keeping the lower rate. The same procedure 
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will then repeat itself. Furthermore it is good to know that the access point will follow 
the station when switching to a higher rate. 



To be able to switch faster, more reliable and in bigger steps between the different 
rates it is necessary to have a more sophisticated rate-switching algorithm. A way to 
achieve this is by having a representative signal quality indication at disposal. This 
signal quality needs to be extracted at the receiver and should be made available at the 
transmitter, as the transmitter has to set the rate. The receiver can measure the signal 
quality by processing the incoming messages that can either be payload messages or 
acknowledgement messages. When assuming quasi-static symmetric channel transfer 
characteristics and transceiver impairments these messages undergo the same 
degradation as the actual data sent, and thus will be equal in quality. This will be the 
starting point of the following outline. 

4. ALGORITHM OUTLINE 

The idea behind the SQ indicator is measuring the Euclidean distance between the 
reference constellation points and the received constellation points. The closer the 
received constellation points are to the reference constellation points the better SQ. 
For rate independent processing and for the sake of simplicity only the SIGNAL-field 
of a message is used for the SQ measurement. The SIGNAL-field consists of 24 bits 
that are rate Vz coded and BPSK modulated, resulting in 48 samples located at +1 or - 

i [13- 

A first draft implementation of a Signal Quality (SQ) indicator or better a Signal 
Degradation (SD) indicator in SPW looked like Figure 1. This implementation first 
scales the incoming samples according to the amplitude estimate of the channel and 
the power droop to position them around the reference points. The scaled samples are 
then compared with the reference samples of +1 and -1 . The magnitude of the 
resulting error is then computed and only the path that has the smallest magnitude is 
forwarded. This leads to 48 magnitude values, summing them results in a number 
representing the SD. 
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Figure 1: SPW implementation of the Signal Quality indicator 



Figure 2 represents a second implementation that is more ASIC friendly. As can be 
seen this implementation does not use a divide operation and has one path instead of 
two paths. The summing operation at the end is now implemented as an integrator that 



is reset after each SIGNAL-field. A first simplification is mapping all samples to the 
positive half plane by taking the absolute value of the real part of the incoming 
samples. This simplification is justified because comparing a sample in the negative 
half plane with the negative reference point is the same in sense of magnitude as 
comparing a mirrored version of this sample with the positive reference point. Then 
instead of comparing the samples with +1 or -1, which needs scaling in front, the 
incoming samples are compared with the amplitude reference for that specific sub 
carrier. Further reduction of processing complexity could be achieved when the 
magnitude is approached by a first order estimate or when instead the power is 
computed. 
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Figure 2: ASIC friendly SPW implementation of the Signal Quality indicator 

A different approach would be processing the SIGNAL-field samples as well as the 
pilot samples. The pilot samples are namely BPSK modulated too and can therefore 
be processed in the same way as the SIGNAL-field samples. The advantage of this 
approach would be that the SD is determined using more than only the 48 samples of 
the SIGNAL-field and therefore maybe resulting in a better estimate of the SD of the 
packet. However the pilots are always spaced the same in frequency domain, 
consequently the SD they represent is only related to those specific frequencies, 
whereas the SD computed using all frequencies can deviate from this, because of 
frequency selective fading. For this reason a SD indicator based on the pilots is not of 
use. 

5. SIMULATION RESULTS 

The simulations performed in this Chapter make use of the first presented SPW 
implementation scheme. The changes made in the ASIC friendly implementation will 
lead to somewhat different simulation values, but the conclusions derived in this 
Chapter will still be valid. 

The SD indicator is placed in the level-3 simulation environment at the receiver side 
behind the leveBmp _pilot_removal _proc_sw2 block. At this point the signal consist 
of the SIGNAL-field samples and the data samples, the pilot samples are already 
removed. 

The first simulation is done in order to find for specific SNR's and TDS's the 
corresponding reference/mean SD-values. The simulation is carried out over 200 
packets (of which the length is not of interest at this point, so it is chosen as small as 
possible to speed up the simulations) for a number of SNR's (6, 8, 10, 12, 14, 16, 18, 



20, 22, 24, 26, 28, 30) and TDS's (0ns, 50ns, 100ns). The SIGNAL-field of each 
packet is processed accordingly to the scheme in Figure 1 . This will result in 200 
different SD-values. The reference/mean SD-values are computed by averaging these 
200 SD-values. Figure 3 depicts the reference SD-values/curves for the mentioned 
range of SNR and TDS values, the corresponding values can be found in Table 2 
Appendix A. It can be seen that there is a 2 dB difference in SNR between the 0ns 
TDS and the 100ns TDS curve for an SD of 5. This means that a system not suffering 
from TDS can handle about 2 dB more SNR than a system suffering from 100ns TDS, 
both resulting in the same SD. The difference in SNR between a TDS of 50ns and a 
TDS of 100ns is about 0.5 dB for an SD of 5, which can be considered as marginal. 
Furthermore the figure shows that the difference slightly increases for lower SD and 
slightly decreases for higher SD, which means that at high SD or low SNR the TDS 
puts less weight to the actual SD, while at low SD or high SNR the TDS puts more 
weight to the actual SD. 
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Figure 3: Reference SD curves using 200 packets per SNR and TDS 

Ideally the SD of the SIGNAL-field would perfectly match the SD of the total packet. 
However normally the SIGNAL-field SD cannot represent the SD of the total packet, 
because the SIGNAL-field SD represents just a small part of the total packet. 

A second simulation is done in order to see with what kind of accuracy the SIGNAL- 
field represents the total packet, which will proof the usefulness of the SQ/SD 
indicator. The simulation considered is done over 100 60-bytes BPSK modulated 
packets, which gives 21 payload symbols. When eachpayload symbol is processed in 
the same way as the SIGNAL-field symbol, then this results after averaging over the 
symbols in a SD- value for the total packet. The total length of a packet in samples is 

(21 payload symbols + 1 SIGNAL-field symbol) * 48 = 1056 samples. This 
number is chosen in such a way that increasing the number does not provide much 



more information, this is true because of the fact that a static channel per packet is 
assumed. 

From the simulations it follows that the distribution of the SIGNAL-field SD 
compared to the total packet SD can be approached by a normal distribution function. 
A property of the PDF of a normal distribution function is that 95% of its samples lie 
within fi-2a and \i+2<y, where [i stands for the mean and a for the standard deviation. 
The mean u equals zero for every SNR and TDS, but the standard deviation cr is 
different. For a specific SNR and TDS there exists a SD reference value and for that 
same SNR and TDS there exists a standard deviation a between the SIGNAL-field 
SD and the total packet SD. Since the mean u equals zero the standard deviation a 
can be directly mapped to the SD reference values. Figure 4 depicts the SD reference 
values ± 2a for simulations with a TDS of 100ns and SNR of 6, 10, 14, 18, 22, 26 and 
30 dB. hi Table 3 of Appendix A the computed variance a 2 is given for a TDS of 
1 00ns and certain SNR, from this the standard deviation a can be derived. The ± 2a 
boundaries for a specific reference SD can be linked to the SNR axis. The resolution 
of the SD is defined as the difference in SNR between the boundaries ± 2a. From this 
figure it can be seen that the different SD-distribution regions denoted with different 
colors overlap, which means that the resolution of the SD in this case is more than 4 
dB SNR. Furthermore Figure 4 shows that the resolution for higher SD is worse than 
the resolution for lower SD, for low SD the resolution approaches the 4 dB SNR. 

SD resolution 
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Figure 4: SD deviation, simulated for 100ns TDS and 6, 10, 14, 18, 22, 26, 30 dB SNR 



Interpretation of the simulation results requires the SD to be linked to the system 
performance (PER) curves. Figure 5 depicts the system performance curves at 
different rates in a fading channel with a TDS of 50 ns. From this figure it shows that 
for a minimum PER of 5% at a rate of 54 Mb/s the SNR should be greater or equal to 
26.5 dB. In Figure 3 an SNR of 26.5 dB for a TDS of 50 ns corresponds to a reference 
SD of 3.4. Meaning that on the average an SD of 3.4 will give a 5% PER for the rate 
of 54 Mb/s. Now lets make the assumption that an SD of 3.4 results in 5% PER at 54 
Mb/s, which implies that a measured SD of 3.4 or lower is sufficient to achieve at 
least a 5% PER for that specific rate. However as shown earlier the measured SD will 
differ from the total packet SD, so a safety margin would be in place here. In the 
former a resolution bandwidth is determined, which specifies the deviation between 
the SD of the SIGNAL-field and the total packet. Simulations pointed out that the 
resolution is worse for higher TDS. The resolution results for the SD at 100 ns TDS 
can thus be seen as a worst-case scenario for the resolution of lower TDS SD curves. 
Adding half of the resolution bandwidth to the SNR that leads to a 5% PER for a 
specific rate results in an SD value of which can be said that it gives at maximum a 
5% PER with certainty of 97.5%. Subtracting half of the resolution bandwidth leads 
to an SD value of which can be said that it gives at minimum a 5% PER with a 
certainty of 97.5%. As a matter of fact these two derived SD values can be seen as the 
lower and upper threshold levels for this specific rate. Column 4 and 5 of Table 1 give 
the lower and upper threshold values for the specified rates. Additionally gives a 
graphical representation of the lower and upper threshold levels for the different rates. 
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Figure 5: PER versus input SNR for 1000 byte packets in a fading channel with 50 ns delay spread and 
data rates of (a) 6, (b) 9, (c) 12, (d) 18, (e) 24, (f) 36, (g) 48, and (h) 54 Mbps. 



Table 1: Lower and upper threshold SD levels for the different rates for a 50 ns IDS at 5 % PER. 



Rates 


SNR at 5% PER 


Resolution 


Low T 


UpT 


IMb/s] 


|dB| 


|dBl 






54 


26.5 


4.0 


2.6 


4.2 


48 


24.5 


4.5 


3.3 


5.3 


36 


20.75 


5.0 


4.8 


8.4 


24 


15.5 


5.5 


8.5 


16.0 


12 


10.25 


JhO 


15.2 


30.0 


6 


7 


8.0 


19.6 






Figure 6: Graphical representation of lower and upper threshold SD levels 



Appendix B shows the measured SD values and packet errors for an SNR of 20.75 dB 
respectively 26.5 dB and a TDS of 50 ns at 36 Mb/s, respectively 54 Mb/s. In these 
figures the red vertical lines identify SD values corresponding to an error. 
Furthermore the threshold levels belonging to the specific rate are depicted, the lower 
threshold level is colored pink and the upper threshold level black. Moreover the 
green line represents the reference/mean SD value. From these figures the usefulness 
of the SD indicator comes clearly forward. 

A sophisticated rate-switching algorithm could now use the following mechanism. Up 
switching should be done as soon as the measured SD goes below the lower threshold 
level of a corresponding rate, however the inverse situation should not lead to a 
fallback in rate. The fallback mechanism should still rely on the error occurrence, but 
it might use the past SD information. For example a lower rate could be switched 
when two errors in a row occur and when a yet to be defined number of past SD 
values are above the upper threshold level. This method assumes that there does not 
occur a rapid SD change. So when two errors in a row are received but the past SD 
values are underneath the upper threshold for that specific rate the transmitter might 
choose to keep the same rate operable. In such a situation the errors could be 
attributed to collisions instead of worsening channel conditions. Figure 7 depicts a 



state diagram of the proposed rate-switching algorithm. To overcome deadlock the 
rate should be switched down whenever lets say 5 errors in a row occur. 



Figure 7: State diagram of possible rate switching algorithm 

Simulations where the measured SD value is averaged over more than one packet are 
also performed. The result is that the lower and upper threshold levels are closer 
together, which makes it easier to distinct between the different rates at the expense of 
slower rate switching. However one needs to be careful with averaging over more 
than one packet, because the time in between packets can be large and in the 
meanwhile the channel conditions can be changed drastically. 



From the simulations it follows that a decision can be made for rate switching on the 
basis of the measured SD value. A less stringent definition of the SD resolution 
results in relaxation of threshold levels, but this of course leads to less reliable rate 
estimation for this specific criterion of 5% PER. A second way of relaxing the 
threshold levels is to adopt a less stringent criterion, so for example tolerating a PER 
of 10% instead of 5%. 

Implementation of the SQ/SD indicator as in Figure 2 leads to different threshold 
levels with respect to the threshold levels derived above, because of the fact that the 
outcome of the implementation differs slightly. However the above analyses still 
holds. 
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APPENDIX A: SIMULATION RESULTS 

Table 2: SD reference values calculated over 200 packets for different TDS and SNR 
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8 


28,545 
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Table 3: Variance between the packet SD and the SIGNAL-field SD for differentjyeraging 
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APPENDIX B: 

COMBINED SD AND PACKET 

ERROR SIMULATIONS 



SD and Packet Errors per 1000-bytes Packets for an SNR of 20.75 dB and IDS of 50 ns i3t 36 Mb/s 
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SDand Packet Errors per 1000-bytes packets for an SNRof 26.5 dB and "IDS of 50 ns at 54 MtVs 
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